IN THE CLAIMS: 



1. (currently amended) A voice coding method based on analysis-by-synthesis 
vector quantization comprising: 

using a configuration variable code book containing a voice source code vector 
having only a plurattty of non-zero amplitude values; and 

variably replacing a position of a sample of the non-zero amplitude value in the 
configuration variable code book using only an index and a transmission parameter 
indicating a feature amount of voice without anv additional supplementary information; 

wherein pe position and amplitude of the non-zero amplitude values coding an 
input speech signal are selected as an optimum series firom entries in the configuration 
variable code pook, which entries are varied by a certain rule rather than being 
determined fr6m the input speech signal . 



2. (previously amended) The method according to claim 1, fiirther comprising : 
variably replacing the position of the sample of the non-zero amplitude value in 

the configuration variable code book using the index and a lag value corresponding to a 
pitch period which * a transmission parameter indicating the feature amount of voice. 

3. (previmisly amended) The method according to claim 2, fiirther comprising: 
reconstnicting the position of the sample of the non-zero amplitude value in the 

configuration variable codebook within a region corresponding to the lag value 
depending on/a relationship between the lag value and a fi-ame length which is a coding 
unit of the v/ice. 



4./;previously amended) The method according to claim 1, fiirther comprising: 
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variably replacpg the position of the sample of the non-zero amplitude value in 
the configuration variable code book using the index and a lag value corresponding to a 
pitch period which is ? transmission parameter indicating the feature amount of voice and 
a pitch gain value. 




5. (previousll amended) The method according to claim 4, further comprising: 
reconstructirig the position of the sample of the non-zero amplitude value in the 

configuration variattle code book within a region corresponding to the lag value 
depending on a relationship between the lag value and a frame length which is a coding 
\mit of the voice. 

6. (previously amended) The method according to claim 5, further comprising: 
reconstruqting the position of the sample the non-zero amplitude value in the 

configuration vaiftable code book within a region corresponding to the lag value 



depending on th€ 




pitch gain value. 



(currently amended) A voice decoding method for decoding a voice signal 
coded by a voice ceding method based on analysis-by-synthesis vector quantization 
comprising: 

using a dbnfiguration variable code book containing a voice source code vector 
having only a plurality of non-zero amplitude values; and 

variaWy replacing a position of a sample of the non- zero amplitude value in the 
configuratidn variable code book using only an index and a transmission parameter 
indicatingii feature amount of voice without any additional supplementarv information; 
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wherein the^osition and amplitude of the non-zero amplitude values coding the 
voice signal are selected as an optimum series from entries in the configuration variable 
codebook. whidn entries are varied by a certain rule rather than being determined from 
the voice signAL 



8. (previou 

variably replacing 
configuration 
period which is a 



i ly amended) The method according to claim 7, fiirther comprising: 
the position of the sample of the non-zero amplitude value in the 
variab le code book using the index and a lag value corresponding to a pitch 
trtnsmission parameter indicating the feature amount of voice. 



configuration 
depending on a 
unit of the voice. 



9. (previously amended) The method according to claim 8, fiirther comprising: 
reconstructing the position of the sample of the non-zero amplitude value in the 
variable code book within a region corresponding to the lag value 
relationship between the lag value and a frame length which is a ceding 



10. (previc usly amended) The method according to claim 7, fiirther comprising: 
variably replacing the position of the sample of the non-zero amplitude value in 
the configuration fv^ariable code book using the index and a lag value corresponding to a 
pitch period whioh is a transmission parameter indicating the feature amount of voice and 
a pitch gain valui 



IL (pr^iously amended) The method according to claim 10, fiirther comprising: 
reconstructing the position of the sample of the non-zero amplitude value in the 
configuration variable code book within a region corresponding to the lag value 
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depending or 



unit of the vo; 



a relationship between the lag value and a frame length which is a coding 



ce. 



•eviously amended) The method according to claim 11, further comprising: 



12. (p 



reconstructing the position of the sample of the non-zero amplitude value in the 



configuration 
depending on 



variable code book within a region corresponding to the lag value 
;he pitch gain value. 



^\^3. (c 



currently amended) A voice coding apparatus based on analysis-by- 



\ ' synthesis vect or quantization comprising: 



aconf 
/ having only a 



guration variable code book unit containing a voice source code vector 
plurality non-zero amplitude values, wherein 
said c( mfiguration variable code book unit variably replaces a position of a sample 
of the non-zeio amplitude value in said configuration variable code book unit using only 
an index and a transmission parameter indicating a feature amount of voice without any 
additional su )plementarv information; 



wheniin the position and amplitude of the non-zero amplitude values coding an 



input speech 



variable cod 



signal are selected as an optimiun series from entries in the configuration 



jook, which entries are varied by a certain rule rather than being determined 



from the inp it speech signal . 



14. (previously amended) The apparatus according to claim 13, wherein: 
said configuration variable code book xmit variably replaces the position of the 
sample of the nom-zero amplitude value in said configuration variable code book unit 
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using the index and/a lag value corresponding to a pitch period which is a transmission 
parameter indicating the feature amount of voice. 

15. (prwiously amended) The apparatus according to claim 13, wherein: 
said configuration variable code book unit variably replaces the position of the 
sample of the inon-zero amplitude value in said configuration variable code book unit 
using the indJbx and a lag value corresponding to a pitch period which is a transmission 
parameter indicating the feature amount of voice and a pitch gain value. 




V^Cy 16. (cutrently amended) A voice decoding apparatus for decoding a voice signal 
coded by a vo|ce coding apparatus based on analysis-by-synthesis vector quantization 
comprising: 

a configuration variable code book unit containing a voice source code vector 
having only ajplurality of non-zero amplitude values, wherein 

said configuration variable code book imit variably replaces a position of a sample 
of the non-zero amplitude value using onlv an index and a transmission parameter 
indicating a feature amount of voice without any additional supplementary information; 

wheipin the position and amplitude of the non-zero amplitude values coding the 
voice signaljare selected as an optimum series fi'om entries in the configuration variable 
codebook. which entries are varied by a certain rule rather than being determined from 
the voice signal. 



17. (previously amended) The apparatus according to claim 16, wherein: 
said configi ration variable code book unit variably replaces the position of the 
sample of the non- lero amplitude value in said configuration variable code book unit 
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using the ind^ and a lag value corresponding to a pitch period which is a transmission 
parameter inc icating the feature amount of voice. 

18. (i reviously amended) The apparatus according to claim 16, wherein: 
said configuration variable code book unit variably replaces the position of the 
sample of ths non-zero amplitude value in said configuration variable code book xmit 
using the inopx and a lag value corresponding to a pitch period which is a transmission 
parameter inoicating the feature amount of voice and a pitch gain value. 
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